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(54) Audio signal processing 



(57) A method for processing and transducing audio 
signals. An audio system has a first audio signal and a 
second audio signal that have amplitudes. A method for 
processing the audio signals includes dividing the first 
audio signal into a first spectral band signal and a sec- 
ond spectral band signal; scaling the first spectral band 
signal by a first scaling factor proportional to the ampli- 



tude of the second audio signal; and scaling the first 
spectral band signal by a second scaling factor to create 
a second signal portion. Other portions of the disclosure 
include application of the signal processing method to 
multichannel audio systems, and to audio systems hav- 
ing different combinations of directional loudspeakers, 
full range loudspeakers, and limited range loudspeak- 
ers. 
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Description 

[0001] The invention relates to audio signal process- 
ing in audio systems having multiple directional chan- 
nels, such as so-called "surround systems," and more 5 
particularly to audio signal processing that can adapt 
multiple directional channel systems to audio systems 
having fewer or more loudspeaker locations than the 
number of directional channels. 

[0002] For background, reference is made to sur- 10 
round sound systems and U.S. Patent Nos. 5,809,153 
and 5,870,484. It is an important object of the invention 
to provide an improved audio signal processing system 
for the processing of directional channels in a multi- 
channel audio system. 15 
[0003] According to the invention, an audio system 
has a first audio signal and a second audio signal having 
amplitudes. A method for processing the audio signals 
includes dividing the first audio signal into a first spectral 
band signal and a second spectral band signal; scaling 20 
the first spectral band signal by a first scaling factor to 
create a first signal portion, wherein the first scaling fac- 
tor is proportional to the amplitude of the second audio 
signal; and scaling the first spectral band signal by a 
second scaling factor to create a second signal portion. 25 
[0004] In another aspect of the invention. An audio 
system has a first audio signal, a second audio signal 
and a directional loudspeaker unit. A method for 
processing the audio signals includes electroacoustical- 
ly directionally transducing the first audio signal to pro- 30 
duce a first signal radiation pattern; electroacoustically 
directionally transducing the second audio signal to pro- 
duce a second signal radiation pattern, wherein the first 
signal radiation pattern and the second signal radiation 
pattern are alternatively and user selectively similar or 35 
different. 

[0005] In another aspect of the invention, An audio 
system has a first audio signal, a second audio signal, 
and a third audio signal that is substantially limited to a 
frequency range having a lower limit at a frequency that *o 
has a corresponding wavelength that approximates the 
dimensions of a human head. The audio system further 
includes a directional loudspeaker unit, and a loud- 
speaker unit, distinct from the directional loudspeaker 
unit. A method for processing the audio signals, includes 45 
electroacoustically directionally transducing by the di- 
rectional loudspeaker unit the first audio signal to pro- 
duced a first radiation pattern; electroacoustically direc- 
tionally transducing by the directional loudspeaker unit 
the second audio signal to produce a second radiation so 
pattern; and electroacoustically transducing by the dis- 
tinct loudspeaker unit the third audio signal. 
[0006] In another aspect of the invention, an audio 
system has a plurality of directional channels. A method 
for processing audio signals respectively corresponding 55 
to each of the plurality of channels includes dividing a 
first audio signal into a first audio signal first spectral 
band signal and a first audio signal second spectral 



band signal; scaling the first audio signal first spectral 
band signal by a first scaling factor to create a first audio 
signal first spectral band first portion signal; scaling the 
first spectral band signal by a second scaling factor to 
create a first audio signal first spectral band second por- 
tion signal; dividing a second audio signal into a second 
audio signal first spectral band signal and a second au- 
dio signal second spectral band signal; scaling the sec- 
ond audio signal first spectral band signal by a third scal- 
ing factor to create a second audio signal first spectral 
band first portion signal; and scaling the second audio 
signal first spectral band signal by a fourth scaling factor 
to create a second audio signal first spectral band sec- 
ond portion signal. 

[0007] In another aspect of the invention, a method 
for processing an audio signal includes filtering the sig- 
nal by a first filter that has a frequency response and 
time delay effect similar to the human head to produce 
a once filtered signal. The method further includes filter- 
ing the once filtered audio signal by a second filter, the 
second filter having a frequency response and time de- 
lay effect inverse to the frequency and time delay effect 
of a human head on a sound wave. 
[0008] In another aspect of the invention, an audio 
system has a plurality of directional channels, a first au- 
dio signal and a second audio signal, the first and sec- 
ond audio signals representing adjacent directional 
channels on the same lateral side of a listener in a nor- 
mal listening position. A method for processing the au- 
dio signals includes dividing the first audio signal into a 
first spectral band signal and a second spectral band 
signal; scaling the first spectral band signal by a first time 
varying calculated scaling factor to create a first signal 
portion; and scaling the first spectral band signal by a 
second time varying calculated scaling factor to create 
a second signal portion. 

[0009] In still another aspect of the invention, an audio 
system has an audio signal, a first electroacoustical 
transducer designed and constructed to transduce 
sound waves in a frequency range having a lower limit, 
and a second electroacoustical transducer designed 
and constructed to transduce sound waves in a frequen- 
cy range having a second transducer lower limit that is 
lower than the first transducer lower limit. A method for 
processing audio signals, includes dividing the audio 
signal into a first spectral band signal and a second 
spectral band signal; scaling the first spectral band sig- 
nal by a first scaling factor to create a first portion signal; 
scaling the first spectral band signal by a second scaling 
factor to create a second portion signal; transmitting the 
first portion to the first electroacoustical transducer for 
transduction; and transmitting said second portion sig- 
. nal to said second electroacoustical transducer for 
transduction. 

[0010] Other features, objects, and advantages will 
become apparent from the following detailed descrip- 
tion, which refers to the following drawing in which: 
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FIGS. 1a- 1c are diagrammatic views of configura- 
tions of loudspeaker units for use with the invention; 
FIG. 2a is a block diagram of an audio signal 
processing system incorporating the invention; 
FIGS. 2b and 2c are block diagrams of audio signal 5 
processing systems FIGS. 1 a - 1c are diagrammatic 
views of configurations of loudspeaker units for use 
with the invention; 

FIG. 2a is a block diagram of an audio signal 
processing system incorporating the invention; 10 
FIGS. 2b and 2c are block diagrams of audio signal 
processing systems for creating directional chan- 
nels in accordance with the invention; 
FIGS. 3a - 3d are block diagrams of alternate direc- 
tional processors for use in the audio signal 15 
processing system of FIG. 2a; 
FIG. 4 is a block diagram of some of the compo- 
nents of the directional processors of FIGS. 3a - 3c; 
FIG. 5 is a diagrammatic view of a configuration of 
loudspeakers helpful In explaining aspects of the in- 20 
vention; 

FIG. 6 is of a configuration of loudspeaker units for 
use with another aspect of the invention; 
FIG. 7 is a block diagram of an audio signal process- 
ing system incorporating another aspect of the in- 25 
vention; 

FIG. 8 is a block diagram of a directional processor 
for use with the audio signal processing system of 
FIG. 7; 

FIG. 9 is a block diagram of an alternate directional 30 
processor for use with the audio signal processing 
system of FIG. 7; 

FIGS. 10a - 10c are top diagrammatic views of 
some of the components of an audio system for de- 
scribing another feature of the invention; and 35 
FIG. 11 is a block diagram of a component of FIGS. 
3a - 3d.for creating directional channels in accord- 
ance with the invention; 

[0011] With reference now to the drawing and more *o 
particularly to FIGS. 1a - 1c, there are shown top dia- 
grammatic views of three configurations of surround 
sound audio loudspeaker units according to the inven- 
tion. In FIG. 1a, two directional arrays each including 
two full range (as defined below in the discussion of *s 
FIGS. 2a - 2c) acoustical drivers are positioned in front 
of a listener 14. A first array 10 including acoustical driv- 
ers 11 and 12 may be positioned to the listener's left and 
a second array 15, including acoustical drivers 16 and 
17 may be positioned to the listener's right. In FIG. 1b, 50 
two directional arrays each including two full range 
acoustical drivers are positioned in front of a listener 14. 
A first array 10 including acoustical drivers 11 and 12 
may be positioned to the listener's left and a second ar- 
ray 15, including acoustical drivers 16 and 17 may be 55 
positioned to the listener's right. In addition, a first limited 
range (as defined below in the discussion of FIGS. 2a - 
2c) acoustical driver 22 is positioned behind the listener, 



to the listener's left, and a second limited range acous- 
tical driver 24 is positioned behind the listener to the lis- 
tener's right. In FIG. 1c, two directional arrays each in- 
cluding two full range acoustical drivers are positioned 
in front of a listener 14. A first array 10 including acous- 
tical drivers 1 1 and 1 2 may be positioned to the listener's 
left and a second array 15, including acoustical drivers 
1 6 and 1 7 may be positioned to the to the listener's right. 
In addition, a first full range acoustical driver 28 is posi- 
tioned behind the listener, to the listener's left, and a sec- 
ond limited range acoustical driver 30 is positioned be- 
hind the listener to the listener's right. Other surround 
sound loudspeaker systems may have loudspeaker 
units in additional locations, such as directly in front of 
listener 14. Surround sound systems may radiate sound 
waves in a manner that the source of the sound may be 
perceived by the listener to be in a direction (for example 
direction X) relative to the listener at which there is no 
loudspeaker unit. Surround sound systems may further 
attempt to radiate sound waves in a manner such that 
the source of the sound may be perceived by the listener 
to be moving (for example in direction Y - Y') relative to 
the viewer 

[0012] Referring to FIG. 2a, there is shown a block 
diagram of an audio signal processing system for pro- 
viding audio signals for the loudspeaker units of FIGS. 
1a - 1c. An audio signal source 32 is coupled to a de- 
coder 34 which decodes the audio source from the audio 
signal source into a plurality of channels, in this case a 
low frequency effects (LFE) channel, and bass channel, 
and a number of directional channels, including a left 
surround (LS) channel, a left (L) channel, a left center 
(LC) channel, a right center (RC) channel, a right (R) 
channel, and a right surround (RS) channel. Other de- 
coding systems may output a different set of channels. 
In some systems, the bass channel is not broken out 
separately from the directional channels, but instead re- 
mains combined with the directional channels. In other 
systems, there may be a single center (C) channel, in- 
stead of the RC and LC channels, or there may be a 
single surround channel. An audio system according to 
the invention may be used with any combination of di- 
rectional channels, either by adapting the signal 
processing to the channels, or by decoding the direc- 
tional channels to produce additional directional chan- 
nels. One method of decoding a single C channel into 
an RC channel and an LC channel is shown in FIG. 2b. 
The C channel is split into an LC channel and an RC 
channel and the LC and the RC channel are scaled by 
a factor, such as 0.707. Similarly, a method of decoding 
a single S channel into an RS channel and an LS chan- 
nel is shown in FIG. 2c. The S channel is split into an 
RS channel and an LS channel, and the RS channel and 
LS channel are scaled by a factor, such as 0.707. If the 
audio input signal has no surround channel or channels, 
there are several known methods for synthesizing sur- 
round channels from existing channels, or the system 
may be operated without surround sound. 
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[0013] Some surround sound systems have a sepa- 
rate low frequency unit for radiating low frequency spec- 
tral components and "satellite" loudspeaker units for ra- 
diating spectral components above the frequencies ra- 
diated by the low frequency units. Low frequency units 
are referred to by a number of names, including "sub- 
woofers" "bass bins" and others. 
[0014] In surround sound systems having both an 
LFE channel and a bass channel, the LFE and bass 
channels may be combined and radiated by the low fre- 
quency unit, as shown in FIG. 2a. In surround systems 
not having a combined bass channel, each directional 
channel, including the bass portion of each directional 
channel) may be radiated by separate directional loud- 
speaker units, with only the LFE radiated by the low fre- 
quency unit. Still other surround systems may have 
more than one low frequency unit, one for radiating bass 
frequencies and one for radiating the LFE channel. "Full 
range" as used herein, refers to audible spectral com- 
ponents having frequencies above those radiated by a 
low frequency unit. If an audio system has no low fre- 
quency unit, "full range" refers to the entire audible fre- 
quency spectrum. "Directional channel" as used herein 
is an audio channel that contains audio signals that are 
intended to be transduced to sound waves that appear 
to come from a specific direction. LFE channels and 
channels that have combined bass signals from two or 
more directional channels are not, for the purposes of 
this specification, considered directional channels. 
[0015] The directional channels, LS, L, LC, RC, R, 
and RS are processed by directional processor 36 to 
produce output audio signals at output signal lines 38a 
- 38f for the acoustical drivers of the audio system. The 
signals output by directional processor 36 and the low 
frequency unit signal in signal line 40 may then be fur- 
ther processed by system equalization (EQ) and dy- 
namic range control circuitry 42. (System EQ and dy- 
namic range control circuitry is shown to illustrate the 
placement of elements typical to audio processing cir- 
cuitry, but does not perform a function relevant to the 
invention. Therefore, system EQ and dynamic range 
control circuitry 42 are not shown in subsequent figures 
and its function will not be further described. Other audio 
processing elements, such as amplifiers that are not 
germane to the present invention are not shown or de- 
scribed). The directional channels are then transmitted 
to the acoustical drivers for transduction to sound 
waves. The signal line 38a designated "left front (LF) 
array driver A" is directed to acoustical driver 1 2 of array 

1 0 (of FIGS. 1 a - 1 c); the signal line 38b designated "left 
front (LF) array driver B" is directed to acoustical driver 

11 of array 10 (of FIGS. 1a- 1c); the signal Iine38c des- 
ignated "right front (RF) array driver A" is directed to 
acoustical driver 17 of array 15 (of FIGS. 1a - 1c); and 
the signal line 38d designated "right front (RF) array 
driver B" is directed to acoustical driver 16 of array 15 
(of FIGS. 1a - 1c). The signal line 38e designated "left 
surround (LS) driver" is directed to limited range acous- 



tical driver 22 of FIG. 1b or acoustical driver 28 of FIG. 
1c as will be explained below, and the signal line 38f 
designated "right surround (RS) driver" is directed to 
acoustical driver 24 of FIG. 1 b or acoustical driver 30 of 

5 FIG. 1c, as will also be explained below. In some imple- 
mentations, there is no output signal from LS output ter- 
minal 38e or RS output terminal 38f or both. In other 
implementations one or both of LS output terminal 38e 
or RS output terminal 38f may be absent entirely, as will 

10 be explained below. 

[0016] Referring now to FIGS. 3a - 3d, there are 
shown four block diagrams of audio directional proces- 
sor 36 for use with surround sound loudspeaker sys- 
tems as shown in FIGS. 1 a - 1 c. FIGS. 3a - 3d show the 

15 portion of the directional processor for the LC, LS, and 
L channels. In each of the implementations, there is a 
mirror image for processing the RC, RS, and R chan- 
nels. In FIGS. 3a - 3d, like reference numerals refer to 
like elements performing like functions. 

20 [0017] FIG. 3a shows the logical arrangement of di- 
rectional processor 36 for a configuration having no rear 
speakers. In FIG. 3a, the L channel is coupled to pres- 
entation mode processor 102 and to level detector 44. 
One output terminal 35 of presentation mode processor 

25 1 02, designated L\ is coupled to summer 47. The oper- 
ation of presentation mode processor 102 will be de- 
scribed below in the discussion of FIG. 11. LS channel 
is coupled to level detector 44 and frequency splitter 46. 
Level detector 44 provides front/rear scaler 48, front 

30 head related transfer function (HRTF) filters and rear 
HRTF filters with signal levels to facilitate the calculation 
of filter coefficients as will be described below. Frequen- 
cy splitter 46 separates the signal into a first frequency 
band including signals below a threshold frequency and 

35 a second frequency band including signals above the 
threshold frequency. The threshold frequency is a fre- 
quency that corresponds to a wavelength that approxi- 
mates dimensions of a human head. A convenient fre- 
quency is 2kHz, which corresponds to a wavelength of 

40 about 6.8 inches. Hereinafter, the portion of the sur- 
round signal above the threshold frequency will be re- 
ferred to as "high frequency surround signal" and the 
portion of the surround signal below the threshold fre- 
quency will be referred to as "low frequency surround 

45 signal." The low frequency surround signal is input by 
signal path 43 to summer 54, or alternatively to summer 
47 as will be explained in the discussion of FIG. 3d. The 
high frequency surround signal is input by signal path 
45 to front/rear scaler 48, which splits the high frequency 

50 surround signal into a "front" portion and a "rear" portion 
in a manner that will be described below in the discus- 
sion of FIG. 4. The "front" portion of the high frequency 
surround signal is transmitted by signal line 49 to front 
head related transfer function (HRTF) filter 50, where it 

55 is modified in a manner that will be described below in 
the discussion of FIG. 4. Modified front high frequency 
surround is then optionally delayed by five ms by delay 
52 and input to summer 54. "Rear" portion of the high 
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frequency surround signal is transmitted by signal line 
51 to rear HRTF filter 56, where it is modified in a manner 
that will be described below in the discussion of FIG. 4. 
The modified rear portion is then optionally delayed by 
ten ms by delay 58, and summed with front portion and 5 
low frequency surround signal at summer 54. The 
summed front, rear, and low frequency surround por- 
tions are modified by front speaker placement compen- 
sator 60 (which will be further explained below following 
the discussion of FIGS. 4 and 5) and input to summer 
47, so that at summer 47 the L channel, the low frequen- 
cy surround, and the modified high frequency surround 
are summed. The output signal ot summer 47 may then 
be adjusted by a left/right balancft control represented 
by multiplier 57 and is then input subtractively through 
time delay 61 to summer 62 and additively to summer 
58. LC channel is coupled to presentation mode proc- 
essor 102. Output terminal 37, designated LC of pres- 
entation mode processor 102 is coupled additively to 
summer 62 and subtractively through time delay 64 to 
summer 58. Output signal of summer 58 is transmitted 
to acoustical driver 11 (of FIGS. 1 and 2). Output signal 
of summer 62 is transmitted to acoustical driver 12 (of 
FIGS. 1 and 2). Time delays 61 and 64 facilitate the di- 
rectional radiation of the signals combined at summer 
47. If desired, the outputs of time delay 61 and 64 can 
be scaled by a factor such as .631 to improve directional 
radiation performance. Directional radiation using time 
delays is discussed in U S, Pats. 5,809,153 and 
5,870,484 and will be further discussed below. 
[0018] FIG. 3b shows directional processor 36 for a 
configuration having a limited range rear speaker, that 
is, a speaker that is designed to radiate frequencies 
above the threshold frequency. In the circuitry of FIG. 
3b, summer 54 of FIG. 3a is not present. Instead, front 
HRTF filters and optional five ms delay are coupled 
through front speaker placement compensator 60 to 
summer 47 and rear HRTF filters, and optional ten ms 
delay are coupled to rear speaker placement compen- 
sator 66, which is in turn coupled to limited range acous- 
tical driver 22 of FIGS. 1 and 2. 
[0019] FIG. 3c shows directional processor 36 for a 
configuration having a full range rear speaker, that is, a 
speaker that is designed to radiate the full audible spec- 
trum of frequencies above the frequencies radiated by 
a low frequency unit. The circuitry of FIG. 3c is similar 
to the circuitry of FIG. 3b, but low frequency surround 
signal output of frequency splitter 46 is summed with 
output signal of rear HRTF filter and optional ten ms de- 
lay 58 at summer 70, which is output to full-range acous- 
tical driver 28. 

[0020] FIG. 3d shows directional processor 36 that 
can be used with no rear speaker, with a limited-range 
rear speaker, or with a full range rear speaker. FIG. 3d 
includes a switch 68 and summer 69 arranged so that 
with switch 68 in a closed position, the low frequency 
surround signal is directed to summer 70. With switch 
68 in an open position, the low frequency is directed to 



summer 47 for radiation from the front speaker array. 
FIG. 3d further includes a switch 72 and summer 73, 
arranged so that with switch 72 in an open position, the 
output signal from summer 70 is directed to rear speaker 
placement compensator 66 for radiation from- a rear 
speaker. With switch 72 in a closed position, the output 
signal from summer 70 is directed to summer 54. With 
switch 72 in an open position and 68 in an open position, 
the circuitry of FIG. 3d becomes the circuitry of FIG. 3b. 
With switch 72 in an open position and switch 68 in a 
closed position, the circuitry of FIG. 3d becomes the cir- 
cuitry of FIG. 3c. With switch 72 in a closed position and 
switch 68 in a closed position, the circuitry of FIG. 3d 
(since the effect of the signal on line 43 being coupled 
to summer 54 as in the embodiment of FIG. 3d is func- 
tionally equivalent to the signal on line 43 being directly 
connected to summer 54 as in the embodiment of FIG. 
3a) becomes the circuitry of FIG. 3a. With switch 72 in 
a closed position and switch 68 in an open position, the 
circuitry of FIG. 3d becomes the circuitry of FIG. 3a, with 
the low frequency surround signal directed to summer 
47. 

[0021] In operation, switch 72 is set to the open posi- 
tion when there is a rear speaker and to the closed po- 
sition when there is no rear speaker. Switch 68 is set to 
the open position for a limited range rear speaker and 
to the closed position for a full range rear speaker. Log- 
ically if switch 72 is set to the closed position, the posi- 
tion of switch 68 should be irrelevant. It was stated in 
the preceding paragraph that that if switch 72 is in the 
closed position, the low frequency surround signal may 
be summed with the high frequency surround signal be- 
fore or after the front speaker placement compensator 
depending on the position of switch 68. However, as will 
be explained below in the discussion of FIG. 4, the front 
and rear speaker placement compensators have little 
effect on frequencies below the threshold frequency, so 
it does not matter whether the low frequency surround 
is summed with the high frequency surround before or 
after the front speaker placement compensator. Alter- 
natively, switches 68 and 72 could be linked so that if 
switch 72 is in the closed position, switch 68 would au- 
tomatically be set to the open or closed position as de- 
sired. 

[0022] In an exemplary embodiment, the directional 
processor 36 is implemented as digital signal proces- 
sors (DSPs) executing instructions with digital-to-ana- 
log and analog-to-digital converters as necessary. In 
other embodiments, the directional processor 36 may 
be implemented as a combination of DSPs, analog cir- 
cuit elements, and digital-to-analog and analog-to-dig- 
ital converters as necessary. 

[0023] FIG. 4, shows the frequency splitter 46, the 
front/rear scaler 48, the front HRTF filter 50 and the rear 
HRTF filter 56 of FIGS. 3a - 3c in greater detail. Fre- 
quency splitter 46 is implemented as a high pass filter 
74 and a summer 76. High pass filter 74 and summer 
76 are arranged so that high pass filtered LS channel is 
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combined subtractively with the LS channel signal so 
that the low frequency surround is output on line 43. The 
high pass filter 74 is directly coupled to signal line 45, 
so that the high frequency surround is output on signal 
line 45. Front/rear scaler is implemented as a summer 
78 and a multiplier 80. Multiplier 80 scales the signal by 
a factor that is related to the relative amplitudes of the 
signals in the LS channel and the L channel. In the em- 
bodiment of FIG. 4, the factor is J LS ' , . Summer 78 
and multiplier 80 are arranged so^fibt dialed signal is 
combined subtractively with the unsealed signal and 
output on signal line 49 so that the signal on signal line 
49 is the input signal scaled by (1 - _[ LS ^ _ ). Multiplier 
is directly coupled to signal line 51 sB-fi^ Wie signal on 
the signal line 51 is thejnput signal scaled by J LS * = . 
It can be seen that if \LS\ approaches zero, thi^ttttbh 
of the input signal that is directed to signal line 49 ap- 
proaches one and the portion of the signal that is direct- 
ed to signal line 51 approaches zero. Similarly if \LS\ is 
much greater than \L |, the portion of the input signal that 
is directed to signal line 49 approaches zero and the por- 
tion of the input signal that is directed to signal line 51 
approaches one. If |L| and |L| are approximately equal, 
then the portion of the input signal that is directed to sig- 
nal line 49 is approximately equal to the portion of the 
input signal that is directed to signal line 51 . The effect 
of the front/rear scaler is to orient the apparent source 
of a sound relative to the listener. If \L\ is greater than 
\LS\, a greater portion of the high frequency surround 
signal will be directed to the front speaker unit, and the 
apparent source of the sound is toward the front. If \LS\ 
is greater than |L | , a greater portion of the high frequen- 
cy surround signal will be directed to the rear speaker 
unit (or in the absence of a rear speaker unit, be proc- 
essed so that it will appear to come from the rear) and 
the apparent source of the sound is toward the rear. If 
|LS|and |L| are relatively equal, then an approximately 
equal portion of the high frequency surround signal will 
be directed to the front and rear loudspeaker units, and 
the apparent source of the sound is to the side. The val- 
ues \L\ and \LS\ are made available to multiplier 80 by 
level detectors 44_of FIGS. 3a - 3d. Scaling factors 
_| LS L and (1- _? LS L ) may be calculated as often as 
tftUdt/iil. In onelfm'fJl^iientation, the scaling factors are 
recalculated at five millisecond intervals. 
[0024] Front HRTF filter 50 may be implemented as, 
in order in series, a multiplier 82, a first filter 84 repre- 
senting the frequency shading effect of the head (here- 
inafter the head shading filter), a second filter 86 repre- 
senting the diffraction path delay of the head (hereinaf- 
ter the head diffraction path delay filter), a third filter 88 
representing the diffraction path delay of the pinna 
(hereinafter the pinna diffraction path delay filter), and 
a summer 90. Summer 90 sums the output signal from 
pinna diffraction path delay filter 88 with the output of 
head diffraction path delay filter 86, the output of head 
frequency shading filter 84, and the unmultiplied input 
signal of front HRTF filter 50. Rear HRTF filter 56 may 



10 

be implemented as, in order in series, multiplier 82, head 
frequency shading filter 84, pinna diffraction path delay 
filter 88, head diffraction path delay 86, and a fourth filter 
92 representing the frequency shading effect of the rear 

5 surface of the pinna (hereinafter the pinna rear frequen- 
cy shading filter), and a summer 94. Summer 94 sums 
the output of pinna rear frequency shading filter 92, out- 
put of head diffraction path delay filter 86, pinna diffrac- 
tion path delay filter 88, and the unmultiplied input signal 

10 of the rear HRTF filter 56. In one implementation, the 
signal from head diffraction path delay 86 to summer 94 
is scaled by a factor of 0.5 and the signal from pinna 
rear frequency shading filter 92 to summer 94 is scaled 
by a factor of two. 

15 [0025] Head frequency shading filter 84 is implement- 
ed as a first order high pass filter with a single real pole 
at -2.7kHz; head diffraction path delay filter 86 is imple- 
mented as a fourth order all-pass network with four real 
poles at -3.27kHz and four real zeros at 3.27kHz; pinna 

20 diffraction delay filter 88 is implemented as a fourth or- 
der all-pass network with four real poles at -7.7kHz and 
four real zeros at 7.7kHz; and pinna rear frequency 
shading filter 92 is implemented as a first order high 
pass filter with a single real pole at -7.7kHz. Multiplier 

25 82 scales the input signal by a factor of — = = , 

where Vis the larger of |L| and |LS|. Th4 
\LS\ are made available to multiplier 80 by level detec- 
tors 44 of FIGS. 3a - 3d. "Pinna" as used herein refers 
to the auricle portion of the external ear as shown on p. 

30 1367 Gray's Anatomy, 3& h Edition, Churchill Livingston 
1995. "Pinna rear" or "rear surface of the pinna" as used 
herein, refers to the anterior surface or the external ear, 
or the external ear as viewed in the direction of the arrow 
in Appendix 1. The pinna is an acoustic surface for 

35 sounds from all directions, while the rear pinna is an 
acoustic surface only for sounds from directions ranging 
from the side to the rear. 

[0026] Filters having characteristics other than those 
described above (including a filter having a flat frequen- 
ce cy response, such as a direct electrical connection) m^y 
be used in place of the filter arrangements shown in FIG. 
4 and described in the accompanying portion of the dis- 
closure. 

[0027] FIG. 5 illustrates the purpose of the front 
45 speaker placement compensator 60 and the rear speak- 
er placement compensator 66 of FIGS. 3a - 3d. Front 
speaker placement compensator is implemented as a 
filter or series of filters that has an effect that is inverse 
to the front HRTF filter 50 when front HRTF filter 50 acts 
so upon a signal that radiated from a first specific angle. 
Similarly, the rear speaker placement compensator is 
implemented as a filter or series of filters that has an 
effect that is inverse to the rear HRTF filter 56 when rear 
HRTF filter 56 acts upon a signal that radiated from a 
55 second specific angle. 

[0028] FIG. 5 shows for explanation purposes a 
sound system according to the configuration of FIG. 3b, 
with desired apparent source of a sound is at point Z, 
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which is oriented at an angle 0 relative to a listener 14. 
All angles in FIG. 5 lie in a horizontal plane which in- 
cludes the entrances to the ear canals of listener 14. 
The reference line for the angles is a line passing 
through the points that are equidistant from the entranc- s 
es to the ear canals of listener 1 4. Angles are measured 
counter-clockwise from the front of the listener 14. 
Placement of the apparent source of the sound at point 
Zis accomplished in part by the front/rear scaler 48 of 
FIGS. 3a - 3c and FIG. 4. Front/rear scaler directs more 10 
of the high frequency surround signal to the front array 
10 than to the rear speaker unit, so that the apparent 
source of the sound is somewhat forward. Placement of 
the apparent source of the sound at point Z is further 
accomplished by the front and rear HRTF filters 50 and 15 
56 (of FIGS. 3a - 3d) respectively. Front and rear HRTF 
filters 50 and 56 alter the audio signals so that when the 
signals are transduced to sound waves by front array 
10 and limited range acoustical driver 22, the sound 
waves will have the frequency content and phase rela- 20 
tionships as if the sound waves had originated at point 
Zand had been modified by the head 96 and pinna 98 
of listener 14. However, when the sound waves are ac- 
tually transduced by front array 1 0 and rear limited range 
acoustical driver 22, the frequency content and the 25 
phase relationships of the sound waves will be modified 
by the physical head 96 and pinna 98 of listener 14, so 
that in effect the sound waves that reach the ear canal 
have the frequency content and phase relationships that 
have been twice modified by the head and pinna of the 30 
listener over angle ^. Front speaker placement com- 
pensator 60 modifies the audio signal so that when it is 
transduced by front array 10, the sound waves will not 
have the change in frequency content and phase rela- 
tionships attributable to the angle ^ , leaving in the audio 35 
signal the change in frequency and phase relationships 
attributable to the difference between angle 0 and angle 
<)>! . Then, when the sound waves are transduced by front 
array 10 and modified by the head and pinna of the lis- 
tener, the sound waves that reach the ear canal will have *o 
the frequency content and phase relationships as a 
sound from a source at angle 0. Similarly, the rear 
speaker placement compensator 66 modifies the audio 
signal so that when it is transduced by rear limited range 
acoustical driver 22, the sound waves will not have the *s 
change in frequency content and phase relationships at- 
tributable to the angle <t> 2 , leaving the change in frequen- 
cy and phase relationships attributable to the difference 
between angle 0 and angle <J> 2 . Then, when the sound 
is transduced by rear limited range acoustical driver 22, 50 
the sound waves that reach the ear canal will have the 
same frequency content and phase relationships as a 
sound from a source at angle 0. If the speaker configu- 
ration is the configuration of FIG. 3a the same explana- 
tion applies. However the configuration having the lim- 55 
ited range rear speaker was chosen to illustrate that the 
front and rear HRTF filters 50 and 56 and the front and 
rear speaker placement compensators 60 and 66, all 



have little effect below frequencies having correspond- 
ing wavelengths that approximate the dimensions of the 
head, for example 2kHz. In one embodiment, the angles 
0 1 and <t> 2 are measured and input into audio system so 
that speaker placement compensators 60 and 66 calcu- 
late using the precise angle. One technique for meas- 
uring angles and <t> 2 is to physically measure them. In 
a second embodiment, speaker placement compensa- 
tors are set to pre-selected typical values of angles $ 1 
and 02 (for example 30 degrees and 150 degrees). This 
second embodiment gives acceptable results, but does 
not require actual measurement of the speaker place- 
ment angles and may require somewhat less complex 
computing in speaker placement compensators 60 and 
66. 

[0029] Speaker placement compensators 60 and 66 
may be implemented as filters having the inverse effect 
as front and rear HRTF filters, respectively, evaluated 
for the selected values of angles 0 1 and (fe, by using 
values derived from the relationships 



Pj = arcsin 



1- 



7- 



LS 



+ 7 



-n 



and 



<j) 2 = arcsin 



1 



respectively. 

[0030] If some filter arrangement other than the filter 
arrangement of FIG. 4 is used for the front HRTF filter 
50 and the rear HRTF filter 56, the front speaker place- 
ment compensator 60 and the rear speaker placement 
compensator 66 may be modified accordingly. If HRTF 
filters 50 and 56 have a flat frequency response, the 
front speaker placement compensator 1>0 and rear 
speaker placement compensator 66 may be replaced 
by a filter having a flat frequency response (such as a 
direct electrical connection). 

[0031] Referring now to FIG. 6, there is shown an ex- 
ample of two more acoustical loudspeaker configura- 
tions for illustrating another feature of the invention. In 
FIG. 6, there is an acoustical driver array 10, similar to 
the acoustical driver array 10 of FIGS. 1a - 1c, placed 
at a point displaced by 30 degrees from listener 14. In 
addition, there are limited range acoustical drivers, sim- 
ilar to the limited range acoustical drivers 22 of FIGS. 
1a - 1c, at 60 degrees, 90 degrees, 120 degrees, and 
150 degrees OR full range acoustical drivers 28 similar 
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to the full range acoustical drivers 28 of FIGS. 1a-1c. 
The limited range acoustical drivers are designated 
22-60, 22-90, 22-120, and 22-150, respectively, to indi- 
cate the angular position of the limited range acoustical 
driver. The alternate full range acoustical drivers are 
designated 28-60, 28-90, 28-120, and 28-150, respec- 
tively, to indicate the angular position of the limited range 
acoustical driver. All angles in FIG. 6 lie in the horizontal 
plane that includes the entrances to the ear canal of lis- 
tener 1 4. The reference line for the angles is a line pass- 
ing through the points that are equidistant from the en- 
trances to the listener's ear canals. The angles for the 
acoustical driver units on the left of listener 14 are meas- 
ured counterclockwise from the reference line in front of 
the listener. The angles for the acoustical driver units on 
the right of listener 14 are measured clockwise from the 
reference line in front of the listener. There may also be 
other acoustical driver units, such as a center channel 
acoustical driver unit or a low frequency unit, which are 
not shown in this view. 

[0032] FIG. 7 shows a block diagram of an audio sig- 
nal processing system for providing audio signals for the 
loudspeaker units of FIG. 6. An audio signal source 32 
is coupled to a decoder 34 which decodes the audio 
source from the audio signal source into a plurality of 
channels, in this case a low frequency effects (LFE) 
channel, and bass channel, and a number of directional 
channels, including a left (L) channel, a left center (LC) 
channel, and further including a number of left channels, 
L60, L90, L120, and LS in which the numerical indicator 
corresponds to the angular displacement, in degrees, of 
the channel relative to the listener. There are corre- 
sponding right channels, RC, R, R60, R90, R120 and 
RS. The remainder of the discussion will focus on the 
left channels, since the right channels can be processed 
in a similar manner to the left channels. The left channel 
signals are processed by directional processor 36 to 
produce output signals for low frequency (LF) array driv- 
er 12 on signal line 38a, for LF array driver 11 on signal 
line 38b, for driver 22-60L or driver 28-60L on signal line 
39a, for driver 22-90L or driver 28-90L on signal line 39b, 
for driver 22-1 20L or 28-1 20L on signal line 39c, and for 
driver 22-1 SOL or driver 28-1 50L on signal line 39d. As 
with the embodiment of FIG. 2a, the outputs on the sig- 
nal lines are processed by system EQ and dynamic 
range controller 42. 

[0033] In an exemplary embodiment, the directional 
processor 36 is implemented as digital signal proces- 
sors (DSPs) executing instructions with digital to analog 
and analog-to-digital converters as necessary. In other 
embodiments, the directional processor 36 may be im- 
plemented as a combination of DSPs, analog circuit el- 
ements, and digital to analog and analog-to-digital con- 
verters as necessary. 

[0034] FIG. 8 shows a block diagram of the directional 
processor 36 of FIG. 7, for an implementation with lim- 
ited range side and rear acoustical drivers. The direc- 
tional processor has inputs for five left directional chan- 



nels. The five directional channels can be created from 
an audio signal processing system having two channels, 
a left (L) channel designed, for example, to be radiated 
at 30 degrees) and a left surround (LS) channel, de- 

5 signed, for example to be radiated at 150 degrees). The 
L and LS channels can be decoded according the teach- 
ings of U.S. Pat. App. 08/796285, incorporated herein 
by reference, to produce channel L90 (intended to be 
radiated at 90 degrees). Channels L and L90 and chan- 

10 nels L90 and LS can then be decoded to produce chan- 
nels L60 and L120, respectively. The invention will work 
equally well with fewer directional channels or more di- 
rectional channels. The audio signal processing system 
of FIG. 7 has several elements that are similar to ele- 

15 ments of the system of FIGS. 3a - 3d and perform similar 
functions to the corresponding elements of FIGS. 3a - 
3d. The similar elements use similar reference numer- 
als. Some elements of FIGS 3a - 3d that are not ger- 
mane to the invention (such as multiplier 57) are not 

20 shown in FIG. 8. A mirror image audio processing sys- 
tem could be created to process right directional chan- 
nels corresponding to the left directional channels. 
[0035] Referring now to FIG. 8, the input terminals for 
channels L60, L90, L120, and LS are coupled to level 

25 detector 44 for making measurements for the scalers 
and HRTF filters. The input terminal for channel L is cou- 
pled to presentation mode processor 1 02. Output termi- 
nal 35 designated U of presentation mode processor 
102 is coupled to summer 47. The input terminal for 

30 channel LC is coupled to presentation mode processor 
1 02. Output terminal 37 of presentation mode processor 
102 designated LC is coupled subtractively to summer 
58 through time delay 58 and additively to summer 62. 
The audio signal in channel L60 is split by frequency 

35 splitter 46a into a low frequency (LF) portion and a high 
frequency (HF) portion. LF portion is input to summer 
47. HF portion of the audio signal in channel L60 is input 
to front/rear scaler 48a, (similar to the front/rear scaler 
48 of FIGS. 3a - 3d and 4), using the values \L\ and |L60 1 

40 respectively for the values |L| and \LS\ in the discussion 
of FIG. 4. Front/rear scaler 48a separates the HF portion 
of the audio signal in channel L60 into a "front" portion 
and a "rear" portion. Front portion of the HF portion of 
the audio signal in channel L60 is processed by front 

45 HRTF filter 50a (similar to the front HRTF filter 50 o f 
FIGS. 3a - 3d and 4), using the values |L| and |L60| 
respectively for the values |L| and \LS\ in the discussion 
of FIG. 4, and speaker placement compensator 60a, 
(similar to the speaker placement compensator 60 of 

50 FIGS. 3a - 3d and 4), calculated for 30 degrees, and 
input to summer 47. Rear portion of the audio signal in 
channel L60 is processed by front HRTF filter 50b {sim- 
ilar to the front HRTF filter 50 of FIGS. 3a - 3d and 4), 
using the values |L | and \L 60 1 respectively for the values 

55 |I| and \LS\ in the discussion of FIG. 4) and speaker 
placement compensator 60a, similar to the speaker 
placement compensator 60 of FIGS. 3a - 3d and 4, cal- 
culated for 60 degrees, and input to summer 100-60. 



ft 
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[0036] The audio signal in channel L90 is split by fre- 
quency splitter 46b into a low frequency (LF) portion and 
a high frequency (HF) portion. LF portion is input to sum- 
mer 47. HF portion of the audio signal in channel L90 is 
input to front/rear scaler 48b, similar to the front/rear 
scaler 48 of FIGS. 3a - 3d and 4, usingthe values |L60| 
and |L90| respectively for the values \L\ and \LS\ in the 
discussion of FIG. 4. Front/rear scaler 48b separates the 
HF portion of the audio signal in channel L90 into a 
"front" portion and a "rear" portion. Front portion of the 
HF portion of the audio signal in channel L90 is proc- 
essed by front HRTF filter 50c (similar to the front HRTF 
filter of FIGS. 3a - 3d and 4), using the values |L60 1 and 
|L90| respectively for the values |L| and \LS\ in the dis- 
cussion of FIG. 4) , and speaker placement compensator 
60b, calculated for 60 degrees, and input to summer 
100-60. Rear portion of the audio signal in channel L60 
is processed by front HRTF filter 50d (similar to the front 
HRTF filter of FIGS. 3a - 3d and 4), using the values 
|L60| and |L90| respectively for the values |I| and \LS\ 
in the discussion of FIG. 4, and speaker placement com- 
pensator 60d f (similar to the speaker placement com- 
pensator 60 of FIGS. 3a - 3d and 4), calculated for 90 
degrees, and input to summer 100-90. 
[0037] The audio signal in channel L1 20 is split by fre- 
quency sputter 46c into a low frequency (LF) portion and 
a high frequency (HF) portion. LF portion is input to sum- 
mer 47. HF portion of the audio signal in channel L120 
is input to front/rear scaler 48c, (similar to the front/rear 
scaler 48 of FIGS. 3a - 3d and 4), using the values |L90 1 
and |L120| respectively for the values \L\ and \LS\ in the 
discussion of FIG. 4. Front/rear scaler 48c separates the 
HF portion of the audio signal in channel L120 into a 
"front" portion and a "rear" portion. Front portion of the 
HF portion of the audio signal in channel L120 is proc- 
essed by front HRTF filter 50e (similar to the front HRTF 
filter 50 of FIGS. 3a - 3d and 4, using the values |L90| 
and |L120| respectively for the values |L| and \LS\ in the 
discussion of FIG. 4 and speaker placement compen- 
sator 60e (similar to the speaker placement compensa- 
tor 60 of FIGS. 3a - 3d and 4), calculated for 90 degrees, 
and input to summer 100-90. Rear portion of the audio 
signal in channel L90 is processed by rear HRTF filter 
56a (similar to the rear HRTF filter 56 of FIGS. 3a - 3d 
and 4), using the values |L90| and |L120| respectively 
for the values \L | and |LS|, and speaker placement com- 
pensator 60f (similar to the speaker placement compen- 
sator 60 of FIGS. 3a - 3d and 4), calculated for 120 de- 
grees, and input to summer 100-120. 
[0038] The audio signal in channel LS is split by fre- 
quency splitter 46d into a low frequency (LF) portion and 
a high frequency (HF) portion. LF portion is input to sum- 
mer 47. HF portion of the audio signal in channel LS is 
input to front/rear scaler 48d, (similar to the front/rear 
scaler 48 of FIGS. 3a - 3d and 4), using the values 
|L120| and \LS\ respectively for the values |L| and \LS\ 
in the discussion of FIG. 4. Front/rear scaler 48d sepa- 
rates the HF portion of the audio signal in channel LS 



into a "front" portion and a "rear" portion. Front portion 
of the HF portion of the audio signal in channel LS is 
processed by rear HRTF filter 56b (similar to the rear 
HRTF filter 56 of FIGS. 3a - 3d and 4), using the values 

5 | L 1 20 1 and \LS\ respectively for the values |L| and \LS\ 
in the discussion of FIG. 4, and speaker placement com- 
pensator 60fg(similar to the speaker placement com- 
pensator 60 of FIGS. 3a - 3d and 4), calculated for 1 20 
degrees, and input to summer 100-120. Rear portion of 

10 the audio signal in channel LS is processed by rear 
HRTF filter 56c (similar to the rear HRTF filter 56 of 
FIGS. 3a - 3d and 4), and speaker placement compen- 
sator 60h (similar to the speaker placement compensa- 
tor 60 of FIGS. 3a - 3d and 4), calculated for 150 de- 

15 grees. 

[0039] The output signal of summer 47 is transmitted 
additively to summer 58 and subtractively through time 
delay 61 to summer 62. The output signal of summer 58 
is transmitted to full range acoustical driver 1 1 (of speak- 

20 er array 1 0) for transduction to sound waves. The output 
signal of summer 62 is transmitted to full range acous- 
tical driver 1 2 for transduction to sound waves. Time de- 
lay 61 facilitates the directional radiation of the signals 
combined at summer 47. Output signals of summers 

25 100-60, 100-90, 100-120, and of speaker placement 
compensator 60h are transmitted to limited range 
acoustical drivers 22-60, 22-90, 22-120, and 22-150, re- 
spectively, for transduction to sound waves. 
[0040] FIG. 9 shows the directional processor of FIG. 

30 7 for an implementation having full range side and rear 
acoustical drivers. The implementation of FIG. 9 has the 
same input channels as the implementation of FIG. 7. 
The invention will work with fewer directional channels 
or more directional channels. The audio signal process- 
es jng system of FIG. 7 has several elements that are sim- 
ilar to elements of the system of FIGS. 3a - 3d and per- 
form similar functions to the corresponding elements of 
FIGS. 3a - 3d. The similar elements use similar refer- 
ence numerals. A mirror image audio processing sys- 

40 tern could be created to process right directional chan- 
nels corresponding to the left directional channels. 
[0041] FIG. 9 is similar to FIG. 8, except for the fol- 
lowing. The low frequency (LF) signal line from frequen- 
cy splitter 46a is coupled to summer 1 00-60 instead of 

45 summer 47; the LF signal line from frequency splitter 
46b is coupled to summer 100-90 instead of summer 
47; the LF signal line from frequency splitter 46c is cou- 
pled to summer 100-120 instead of summer 47; the LF 
signal line from frequency splitter 46d is coupled to sum- 

50 mer 100-150 instead of summer 47; and the output of 
speaker placement compensator 60h is coupled to a 
summer 100-150. Output signals of summers 100-60, 
.100-90, 100-120, and 100-150 are transmitted to full 
range acoustical drivers 28-60, 28-90, 28-120, and 

55 28-1 50, respectively, for transduction to sound waves. 
[0042] Referring now to FIGS. 10a - 10c, there are 
shown three top diagrammatic views of some of the 
components of an audio system for describing another 
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feature of the invention. As described in patents such 
as U.S. Pats. 5,809,1 53 and 5,870,484, arrays of acous- 
tical drivers and signal processing techniques can be 
designed to radiate sound waves directionally. By radi- 
ating the same sound wave from two acoustical drivers 5 
subtractively (functionally equivalent to out of phase) 
and time-delayed, a radiation pattern can be created in 
which the acoustic output is greatest along one axis 
(hereinafter the primary axis) and in which the acoustic 
output is minimized in another direction (hereinafter the 10 
null axis). In FIGS. 10a - 10c, an array 10, including 
acoustical drivers 11 and 12 is arranged as in an audio 
system shown in FIGS, la - 1c, 2a, and FIGS. 3a - 3d. 
The parameters of time delay 64?of FIGS. 3a - 3d are 
set such that a signal that is transmitted undelayed to *5 
acoustical driver 12 and delayed to acoustical driver 11 
and transduced results in a radiation pattern that has a 
primary axis in a direction 104 generally toward a listen- 
er 14 in a typical listening position, a null axis in a direc- 
tion 106 generally away from listener 14 in a typical lis- 
tening position, and a radiation pattern 105 as indicated 
in solid line. The parameters of time delay 61 of FIGS. 
3a - 3d are set such that a signal that is transmitted un- 
delayed to acoustical driver 1 1 and delayed to acoustical 
driver 12 and transduced results in a radiation pattern 
that has a primary axis in direction 106 generally away 
from a listener 14 in a typical listening position, a null 
axis in direction 104 generally toward listener 14 in a 
typical listening position, and a radiation pattern 107 as 
indicated in dashed line. In FIG. 10a, the audio signal in 
channel LC is processed and radiated such that the ra- 
diation pattern has a primary axis in direction 104 and 
a null axis in direction 106 and the audio signal in chan- 
nels L and LS are processed and radiated such that they 
have a primary axis in direction 106. In FIG. 1b, the au- 
dio signal in channels L and LC are processed and ra- 
diated such that the radiation patterns have a primary 
axis in direction 104 and a null axis in direction 106, and 
the audio signal in channel LS is processed and radiated 
such that it has a primary axis in direction 106 and a null 
axis in direction 104. In FIG. 10c, the audio signals in 
channels L, LC, and LS are processed and radiated 
such that they all have primary axes in direction 1 06 and 
null axes in direction 1 04. Hereinafter, the combination 
of radiation patterns, primary axes, and null axes will 
referred to as "presentation modes." Generally, the 
presentation mode of FIG. 10a is preferable when the 
audio system is used as a part of a home theater system, 
in which is desirable to have a strong center acoustic 
image and a "spacious" feel to the directional channels. 
The presentation mode of FIG. 10b may be preferable 
when the audio system is used to play music, when cent- 
er image is not so important. The presentation mode of 
FIG. 1 0c may be preferable if the audio system is placed 
in a situation in which the array 10 must be placed very 
close to a center line (that is when the angle ^ of FIG. 
5 is small). As with several of the previous figures, there 
may be mirror image audio system for processing the 



right side directional channels. 
[0043] Referring now to FIG. 11, there is shown pres- 
entation mode processor 102 (of FIGS. 3a - 3c, 8, and 
9) in more detail. Channel L input is connected additively 
to summer 108 and to the one side of switch 110. Other 
side of switch 1 1 0 is connected additively to summer 1 1 2 
and subtractively to summer 108. Channel LC is con- 
nected additively to summer 1 1 2 which is connected ad- 
ditively to summer 116 and to one side of switch 118. 
Other side of switch 1 1 8 is connected additively to sum- 
mer 1 1 4 and subtractively to summer 1 1 6. Summer 1 1 4 
is connected to terminal 35, designated L*. Summer 1 1 6 
is connected to terminal 37, designated LC. Depending 
on whether switches 110 and 118 are in the open or 
closed position, the signal at output terminal 35 (desig- 
nated L) may be the signal that was input from channel 
L, the combined input signals from channels L and LC, 
or no signal. Depending on whether switches 110 and 
11 8 are in the open or closed position, the signal at out- 
put terminal 37 (designated LC) may be the signal that 
was input from channel LC, the combined input signals 
from channels L and LC, or no signal. 
[0044] Referring now to any of FIGS. 3a - 3c, the out- 
put signal of terminal 35 is summed with the low frequen- 
cy portion of the surround channel at summer 47, and 
is transmitted to summer 58, which is coupled to acous- 
tical driver 1 1 , and through time delay 61 to summer 62, 
which is coupled to acoustical driver 12. The output sig- 
nal of terminal 37 is coupled to summer 62 and through 
time delay 64 to summer 58. Thus the output of terminal 
35 is summed with the low frequency (LF) portion of the 
left surround (LS) signal and transmitted undelayed to 
acoustical driver 1 1 and delayed to acoustical driver 1 2. 
The output of terminal 37 is transmitted undelayed to 
acoustical driver 12 and delayed to acoustical driver 11 . 
As taught above in the discussion of FIGS. 10a - 10c, 
the parameters of time delay 64 may be set so that an 
audio signal that is transmitted undelayed to acoustical 
driver 12 and delayed to acoustical driver 11 and trans- 
duced results in an radiation pattern that has a primary 
axis in direction 104 of FIGS. 10a - 10b. Similarly, the 
discussion of FIGS. 10a - 10c teaches that the param- 
eters of time delay 61 may be set so that an audio signal 
that is transmitted undelayed to acoustical driver 11 and 
delayed to acoustical driver 12 and transduced results 
in radiation pattern that has a primary axis in direction 
1 06 of FIGS. 1 0a - 1 0b. Therefore, by setting the switch- 
es 110 and 118 of presentation mode processor 102 to 
the "closed" or "open" position, it is possible for a user 
to achieve the presentation modes of FIGS. 10a - 10c. 
The table below the circuit of FIG. 11 shows the effect 
of the various combinations of "open" and "closed" po- 
sitions of switches 110 and 118. For each of the four 
combinations, the table shows which of channels L and 
LC are output on the output terminals designated L' and 
LC (terminals 35 and 37, respectively), which channels 
when radiated have a radiation pattern that has a pri- 
mary axis in direction 1 04 and a null axis in direction 1 06 
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and which have a primary axis in direction 106 and a 
null axis in direction 104, and which of FIGS. 10a - 10c 
are achieved by the combination of switch settings. In 
the implementation of FIGS. 3a - 3c, 1 0, and 11 f the low 
frequency portion of surround channel LS is always ra- 5 
diated with the primary axis in direction 106. Also, if 
switch 1 1 8 is in the closed position, the radiation pattern 
of Fl6. 10c results, regardless of the position of switch 
110. 

[0045] In the implementations of FIGS. 8 and 9, the 10 
presentation mode processor 102 has the same effect 
on input channels L and LC and the signals on the output 
terminals 35 and 37 (designated L' and LC, respective- 
ly). 

[0046] It is evident that those skilled in the art may J5 
now make numerous modifications of and departures 
from the specific apparatus and techniques herein dis- 
closed without departing from the inventive concepts. 
Consequently, the invention is to be construed as em- 
bracing each and every novel feature and novel combi- 20 
nation of features herein disclosed and limited only by 
the spirit and scope of the appended claims. 



Claims 
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1. In an audio system having a first audio signal and 
a second audio signal, said first and second audio 

,; signals having amplitudes, a method for processing 
said audio signals, comprising: 30 

dividing said first audio signal into a first spec- 
tral band signal and a second spectral band sig- 
nal; 

scaling said first spectral band signal by a first 35 
scaling factor to create a first signal portion, 
wherein said first scaling factor is proportional 
to said amplitude of said second audio signal; 
and 

scaling said first spectral band signal by a sec- <o 
ond scaling factor to create a second signal por- 
tion. 

2. A method for processing audio signals in accord- 
ance with claim 1 , wherein said second scaling fac- 
tor is proportional to said amplitude of said first au- 
dio signal. 

3. A method for processing audio signals in accord- 
ance with claim 1 , wherein said first and second au- so 
dio signals are associated with directional channels 

in a multichannel audio system. 



ond filter to produce a filtered second signal portion. 

5. A method for processing audio signals in accord- 
ance with claim 4, wherein ^EH t wherein SF1 
is said first scaling factor, s£§\s gSft&econd scaling 
factor, ampH is said amplitude of said first audio sig- 
nal and ampl2 is said amplitude of said second au- 
dio signal. 



6. A method for processing audio signals in accord- 
ance with claim 5, wherein said first filter and said 
second filter include a filter portion having a fre- 
quency response and time delay effect similar to 
that of the human head. 

7. A method for processing audio signals in accord- 
ance with claim 5, further comprising combining 
said filtered first signal portion with said second au- 
dio signal. 

8. A method for processing audio signals in accord- 
ance with claim 5, further comprising combining 
said filtered second signal portion with said second 
spectral band signal. 

9. A method for processing audio signals in accord- 
ance with claim 5, further comprising combining 
said filtered first signal portion, said filtered second 
signal portion and said second spectral band signal. 

10. A method for processing audio signals in accord- 
ance with claim 4, further comprising the step of 
combining said filtered first signal portion with said 
second audio signal. 

1 1 . A method for processing audio signals in accord- 
ance with claim 4, further comprising combining 
said filtered second signal portion with said second 
spectral band signal. 

12. A method for processing audio signals in accord- 
ance with claim 4, further comprising tbe step of 
combining said filtered first signal portion, said fil- 
tered second signal portion and said second spec- 
tral band signal. 

13. A method for processing audio signals in accord- 
ance with claim 1 , wherein ^L=^HE!l t wherein SF1 
is said first scaling factor, sffis 3§?8fkecond scaling 
factor, ampH is said amplitude of said first audio sig- 
nal and ampl2 is said amplitude of said second au- 
dio signal. 



4. A method for processing audio signals in accord- 
ance with claim 3, further comprising, filtering said 55 
first signal portion by a first filter to produce a filtered 
first signal portion, and 

filtering said second signal portion by a sec- 



14. A method for processing audio signals in accord- 
ance with claim 1 , further comprising, 

filtering said first signal portion by a first filter 
to produce a filtered first signal portion, and 

filtering said second signal portion by a sec- 
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ond filter to produce a filtered second signal portion. 

15. A method for processing audio signals in accord- 
ance with claim 14, wherein said first filter and said 
second filter include a filter portion having a fre- 
quency response and time delay effect similar to 
that of the human head. 

16. A method for processing audio signals in accord- 
ance with claim 15, wherein one of said first filter or 
said second filter has filter portion having a frequen- 
cy response and time delay effect similar to frequen- 
cy response and time delau effect of the human 
head on a sound wave arriving from the front of said 
human head and the other of said first filter or sec- 
ond filter has filter portion having a frequency re- 
sponse and time delay effect similar to frequency 
response and time delay effect of the human head 
on a sound wave arriving from the rear of said hu- 
man head. 

17. A method for processing audio signals in accord- 
ance with claim 15, wherein said first filter and said 
second filter have a filter portion having frequency 
response and time delay effect similar to frequency 
response and time delay effect of the human head 
on a sound wave arriving from the front of said hu- 
man head. 

18. A method for processing audio signals in accord- 
ance with claim 15, wherein said first filter and said 
second filter have a filter portion having a frequency 
response and time delay effect similar to frequency 
response and time delay effect of the human head 
on a sound wave arriving from the rear of said hu- 
man head. 

19. A method for processing audio signals in accord- 
ance with claim 1 5, wherein said first filter and said 
second filter include a filter portion having a fre- 
quency response and time delay effect inverse to 
said filter having a frequency response and time de- 
lay effect similar to the human head. 

20. A method for processing audio signals in accord- 
ance with claim 14, wherein one of said first filter or 
said second filters has a flat frequency response. 

21 . A method for processing audio signals in accord- 
ance with claim 20, wherein the other of said first 
filter or said second filters has a flat frequency re- 
sponse. 

22. A method for processing audio signals in accord- 
ance with claim 14, further comprising, 

combining said filtered first signal portion with 
said second audio signal to produce a first com- 
bined signal. 



23. A method for processing audio signals in accord- 
ance with claim 22, with an audio system including . 
a directional loudspeaker unit, said combining fur- 
ther including combining said second spectral band 

5 and said filtered second signal portion so tjiat said 
first combined signal includes said filtered first sig- 
nal portion, said filtered second signal portion, said 
second spectral band, and said second audio signal 
and further comprising, 

10 electroacoustically transducing, by said direc- 

tional loudspeaker unit, said first combined signal. 

24. A method for processing audio signals in accord- 
ance with claim 22, with an audio system further in- 

15 eluding a directional loudspeaker unit and a loud- 
speaker unit distinct from said directional loud- 
speaker unit and further comprising, 

combining said second spectral band and 
said filtered second signal portion to produce a sec- 
20 ond combined signal; 

electroacoustically transducing, by said loud- 
speaker unit, said second combined signal; and 

electroacoustically transducing, by said direc- 
tional loudspeaker unit, said first combined signal. 

25 

25. A method for processing audio signals in accord- 
ance with claim 22 with an audio system including 
a directional loudspeaker unit and a loudspeaker 
unit distinct from said directional loudspeaker unit, 

30 said distinct loudspeaker unit substantially limited 
to radiating spectral components in said first spec- 
tral band, said combining further comprising, 

combining said second spectral band signal 
so that said first combined signal includes said fil- 

35 tered first signal portion, said second spectral band 
signal, and said second audio signal, said method 
further comprising, 

electroacoustically transducing, by said direc- 
tional loudspeaker unit, said first combined signal; 

40 and 

electroacoustically transducing, by said loud- 
speaker unit, said filtered second signal portion. 

26. A method for processing audio signals in accord- 
45 ance with claim 1 , wherein said first scaling factor 

and said second scaling factor are variable with re- 
spect to time. 

27. A method for processing audio signals in accord- 
.50 ance with claim 1 , wherein the sum of said first scal- 
ing factor and said second scaling factor is one. 

28. In an audio system having a first audio signal, a sec- 
ond audio signal and a directional loudspeaker unit, 

55 a method for processing said audio signals com- 
prising, 

electroacoustically directionally transducing 
said first audio signal to produce a first signal radi- 
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ation pattern; 

electroacoustically directionally transducing 
said second audio signal to produce a second sig- 
nal radiation pattern; 

wherein said first signal radiation pattern and 5 
said second signal radiation pattern are alternative- 
ly and user selectively similar or different. 

29. A method for processing audio signals in accord- 
ance with claim 28 with an audio system including 
a source of a third audio signal and a speaker unit 
separate from said directional loudspeaker unit fur- 
ther comprising, , 

electroacoustically transducing said third au- 
dio signal by said speaker unit. 

30. A method for processing audio signals in accord- 
ance with claim 29, 

wherein said third audio signal is substantially 
limited to a frequency range having a lower limit at 
a frequency that has a corresponding wavelength 
that approximates the dimensions of a human head 
and 

wherein said speaker unit is constructed and 
arranged to electroacoustically transduce audio 
signals having frequencies in said frequency range. 

31. A method for processing audio signals in accord- 
ance with claim 30, wherein said third audio signal 
comprises a first spectral band of a scaled, filtered 
audio signal representing a directional channel of a 
multichannel audio system. 

32. A method for processing audio signals in accord- 
ance with claim 29, wherein said third audio signal 
comprises a filtered scaled first spectral band of an 
input audio signal representing a directional chan- 
nel of a multichannel audio system and a second 
spectral band of said input audio signal. 

33. In an audio system having a first audio signal, a sec- 
ond audio signal, a third audio signal that is sub- 
stantially limited to a frequency range having a low- 
er limit at a frequency that has a corresponding 
wavelength that approximates the dimensions of a <5 
human head, a directional loudspeaker unit, and a 
loudspeaker unit, distinct from said directional loud- 
speaker unit, a method for processing said audio 
signals comprising, 

electroacoustically directionally transducing so 
by said directional loudspeaker unit said first audio 
signal to produced a first radiation pattern; 

electroacoustically directionally transducing 
by said directional loudspeaker unit said second au- 
dio signal to produce a second radiation pattern; 55 
and 

electroacoustically transducing by said dis- 
tinct loudspeaker unit said third audio signal. 



34. A method for processing audio signals in accord- 
ance with claim 33, wherein said electroacoustically . 
directionally transducing comprises electroacousti- 
cally directionally transducing said first audio signal 
so that said first radiation pattern has a primary axis 
in a first direction and so that said second radiation 
pattern has a primary axis in a second direction dif- 
ferent from said first direction. 

35. A method for processing audio signals in accord- 
ance with claim 33, wherein said third audio signal 
comprises a first spectral band of a scaled, filtered 
audio signal representing a directional channel of a 
multichannel audio system. 

36. In an audio system having a plurality of directional 
channels, a method for processing audio signals re- 
spectively corresponding to each of said plurality of 
channels, comprising, 

dividing a first audio signal into a first audio 
signal first spectral band signal and a first audio sig- 
nal second spectral band signal; 

scaling said first audio signal first spectral 
band signal by a first scaling factor to create a first 
audio signal first spectral band first portion signal; 

scaling said first audio signal first spectral 
band signal by a second scaling factor to create a 
first audio signal first spectral band second portion 
signal; 

dividing a second audio signal into a second 
audio signal first spectral band signal and a second 
audio signal second spectral band signal; 

scaling said second audio signal first spectral 
band signal by a third scaling factor to create a sec- 
ond audio signal first spectral band first portion sig- 
nal; and 

scaling said second audio signal first spectral 
band signal by a fourth scaling factor to create a 
second audio signal first spectral band second por- 
tion signal. 

37. A method for processing audio signals, in accord- 
ance with claim 36, further comprising, 

filtering said first audio signal first spectral 
band first portion signal by a first filter to produce a 
filtered first audio signal first spectral band first por- 
tion signal, 

filtering said first audio signal first spectral 
band second portion signal by a second filter to pro- 
duce a filtered first audio signal first spectral band 
second portion signal, 

filtering said second audio signal first spectral 
band first portion signal by a third filter to produce 
a filtered second audio signal first spectral band first 
portion signal, and 

filtering said second audio signal first spectral 
band first portion signal by a fourth filter to produce 
a filtered second audio signal first spectral band first 
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portion signal. 

38. A method for processing audio signals in accord- 
ance with claim 37 with an audio system having a 
directional loudspeaker unit, and a first loudspeaker 5 
unit and a second loudspeaker unit, both distinct 
from said directional loudspeaker unit and distinct 
from each other, said first and second distinct loud- 
speaker units substantially limited to radiating fre- 
quencies in said first spectral band, wherein said 10 
spectral band has a lower frequency limit that cor- 
responds to a wavelength approximating the di- 
mensions of the human head, said method further 
comprising, 

combining said first audio signal second spec- is 
tral band signal, said second audio signal second 
spectral band, and a third audio signal to produce 
a first combined signal; 

electroacoustically transducing by said direc- 
tional loudspeaker unit, said first combined signal; 20 

combining said filtered first audio signal first 
spectral band second portion with said filtered sec- 
ond audio signal first spectral band second signal 
first portion to produce a second combined signal; 

electroacoustically transducing by said first 25 
distinct loudspeaker unit said second combined sig- 
nal; and 

electroacoustically transducing by said sec- 
. ond distinct loudspeaker unit, said filtered second 
audio signal first spectral band second portion. 30 

39. A method for processing audio signals in accord- 
ance with claim 38, further comprising, combining 
said filtered second audio signal first spectral band 
second portion signal with a filtered, spectral band- 35 
limited portion of a signal representing an adjacent 
channel to produce a third combined signal; and 

electroacoustically transducing by said sec- 
ond distinct loudspeaker unit, said third combined 
signal 40 

40. A method for processing audio signals in accord- 
ance with claim 37 with an audio system having a 
directional loudspeaker unit, a first loudspeaker unit 
distinct from said directional loudspeaker unit, and 
a second loudspeaker unit distinct from said direc- 
tional loudspeaker unit and said first distinct loud- 
speaker unit, said method further comprising, 

combining a third of said plurality of audio sig- 
nals and said filtered first audio signal first spectral so 
band first portion to produce a first combined audio 
signal; 

electroacoustically transducing by said direc- 
tional loudspeaker unit said first combined signal; 

combining said filtered second audio signal 55 
first spectral band first portion, said filtered first au- 
dio signal first spectral band second portion, and 
said first audio signal second spectral band to pro- 



duce a second combined signal; 

electroacoustically transducing by said first 
distinct loudspeaker unit said second combined sig- 
nal; 

combining said filtered second audio signal 
first spectral band second portion and said second 
audio signal second spectral band signal to produce 
a third combined signal; and electroacoustically 
transducing by said second distinct loudspeaker 
unit said third combined signal. 

41 . A method for processing audio signals in accord- 
ance with claim 40, further comprising, 

combining said filtered second audio signal 
first spectral band second portion signal with a fil- 
tered, spectral band limited portion of a signal rep>- 
resenting an adjacent channel to produce a third 
combined signal; and 

electroacoustically transducing by said sec- 
ond distinct loudspeaker unit, said third combined 
signal. 

42. A method for processing an audio signal, compris- 
ing, 

filtering said audio signal by a first filter, said 
first filter having a frequency response and time de- 
lay effect similar to the human head to produce a 
once-filtered audio signal; 

filtering said once-filtered audio signal by a 
second filter, said second filter having a frequency 
response and time delay effect inverse to the fre- 
quency and time delay effect of a human head on 
a sound wave. 

43. A method for processing audio signals in accord- 
ance with claim 42, wherein said second filter has 
a time delay effect inverse to the frequency and time 
delay effect of a human head on a sound wave that 
originates at a preselected orientation relative to 
said human head. 

44. A method for processing audio signals, in accord- 
ance with claim 43, wherein said preselected orien- 
tation is an angle approximately thirty degrees rel- 
ative to said human head. 

45. A method for processing audio signals in accord- 
ance with claim 43, wherein said preselected orien- 
tation is a measured angle. 

46. In an audio system having a plurality of directional 
channels first audio signal and a second audio sig- 
nal, said first and second audio signals representing 
adjacent directional channels on the same lateral 
side of a listener in a normal listening position, a 
method for processing said audio signals, compris- 
ing, 

dividing said first audio signal into a first spec- 
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tral band signal and a second spectral band signal; 

scaling said first spectral band signal by a first 
time varying calculated scaling factor to create a 
first signal portion; and 

scaling said first spectral band signal by a sec- 
ond time varying calculated scaling factor to create 
a second signal portion. 

47. A method for processing audio signals in accord- 
ance with claim 46, further comprising, 

filtering said first signal portion by a first filter 
to produce a filtered first signal portion, and 

filtering said second sional portion by a sec- 
ond filter to produce a filtered Second signal portion. 

48. A method for processing audio signals in accord- 
ance with claim 47, further comprising, 

combining said filtered first signal portion with 
said second audio signal to produce a first com- 
bined signal. 

49. A method for processing audio signals in accord- 
ance with claim 48 with an audio system including 
a directional loudspeaker unit, said combining fur- 
ther including combining said second spectral band 
signal and said filtered second signal portion so that 
said first combined signal includes said filtered first 
signal portion, said filtered second signal portion, 
said second spectral band signal, and said second 
audio signal, said method further comprising, 

electroacoustically transducing, by said direc- 
tional loudspeaker unit, said first combined signal. 

50. A method for processing audio signals in accord- 
ance with claim 48 with an audio system further in- 
cluding a directional loudspeaker unit and a loud- 
speaker unit distinct from said directional loud- 
speaker unit, said method further comprising, 

combining said second spectral band signal 
and said filtered second signal portion to produce a 
second combined signal; 

electroacoustically transducing, by said loud- 
speaker unit, said second combined signal; and 

electroacoustically transducing, by said direc- 
tional loudspeaker unit, said first combined signal. 

51 . A method for processing audio signals in accord- 
ance with claim 48 with an audio system further in- 
cluding a directional loudspeaker unit and a loud- 
speaker unit distinct from said directional loud- 
speaker unit, said distinct loudspeaker unit sub- 
stantially limited to radiating spectral components 
in said first spectral band, said combining further 
comprising, 

combining said second spectral band signal 
so that said first combined signal includes said fil- 
tered first signal portion, said second spectral band 
signal, and said second audio signal, said method 



further comprising, 

electroacoustically transducing, by said direc- 
tional loudspeaker unit, said first combined signal; 
and 

5 electroacoustically transducing, by said loud- 

speaker unit, said filtered second signal portion. 

52. In an audio system having an audio signal, a first 
electroacoustical transducer designed and con- 
ic structed to transduce sound waves in a frequency 
range having a lower limit, and a second electroa- 
coustical transducer designed and constructed to 
transduce sound waves in a frequency range hav- 
ing a second transducer lower limit that is lower than 
15 said first transducer lower limit, a method for 
processing audio signals, comprising, 

dividing said audio signal into a first spectral 
band signal and a second spectral band signal; 
scaling said first spectral band signal by a first 
20 scaling factor to create a first portion signal; 

scaling said first spectral band signal by a sec- 
ond scaling factor to create a second portion signal; 

transmitting said first portion signal to said 
first electroacoustical transducer for transduction; 
25 and 

transmitting said second portion signal to said 
second electroacoustical transducer for transduc- 
tion 

30 53. A method for processing audio signals in accord- 
ance with claim 52, wherein said audio signal cor- 
responds to a directional channel in a multichannel 
audio system. 

35 54. A method for processing audio signals in accord- 
ance with claim 1 , further comprising time delaying 
said first spectral band signal relative to said second 
spectral band signal. 
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tude of the second audio signal; and scaling the first 
spectral band signal by a second scaling factor to create 
a second signal portion. Other portions of the disclosure 
include application of the signal processing method to 
multichannel audio systems/and to audio systems hav- 
ing different combinations of directional loudspeakers, 
full range loudspeakers, and limited range loudspeak- 
ers. 
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